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A system and 
method of accessing 
services from end 
terminals disposed in an 
integrated telecommuni- 
cations network having a 
packet-switched network 
(PSN) portion such as 
for example, a network 
portion using the Internet 
Protocol (IP) and a 
circuit-switched network 
(CSN) portion such as, 
for example, a wireless 
telephony network 
portion. The PSN portion 
is preferably realized 
as a Voice-over-IP 
(VoIP) network having 
a gateway connected 
to the CSN portion. A 
service or application 
node, preferably a 
WIN/IN-based service 
node comprising a Service 
Control Point (SCP), a 
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Service Data Point (SDP), or both, is provided with an interface operable with the PSN portion, A call control state machine associated 
with the end terminals is modified to include WIN/IN-compliant DPS. A user profile retriever provided in the network also. When the 
call control process of the end terminal encounters an armed DP, it creates a Service Access instance as part of a service access server and 
passes control thereto, wherein a service proxy sends a request to a service logic environment, preferably provided as the WIN/IN service 
node. Upon executing an appropriate service logic portion or portions, the service node returns a result to the service access server which, 
in mm, passes it to the call control process. 
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SYSTEM AND METHOD FOR PROVIDING 
ACCESS TO SERVICE NODES FROM ENTITIES DISPOSED IN AN 
INTEGRATED TELECOMMUNICATIONS NETWORK 

PRIORITY STATEMENT UNDER 35 U.S.C §1 19(e) & 37 C.F.R. §1.78 

This nonprovisional application claims priority based upon the following prior U. S . 
provisional patent application entitled : "Enhancing Supplementary Services through the Use 
oflntelligent Network Principles and Accessing Service Nodes from End Terminals," Ser. 
No. 60/1 1 6, 1 98 (prior Attorney Docket Number 27950-296L, current Attorney Docket 
Number 1 000-0 1 42), filed January 1 5, 1 999, in the names of: Roch Glitho and Christophe 
Gourraud. 

CROSS-REFERENCE TO RELATED APPLICATIONS 

This application discloses subject matter related to the subject matter disclosed in 
the following co-assigned patent application: "System and Method for Providing 
Supplementary Services (SS) in an Integrated Telecommunications Network," filed 

December 1 0, 1 999, Ser. No. (Attorney Docket Number 1 000-0 1 42), in the 

names of: Roch Glitho and Christophe Gourraud. 

BACKGROUND OF THE INVENTION 

Technical Field of the Invention 

The present invention relates to integrated telecommunication systems and, more 
particularly, to a system and method for providing access to service nodes from entities 
(e.g., endpoints, terminals, gatekeepers, etc.) disposed in an integrated telecommunications 
network. The exemplary integrated telecommunications network may comprise a packet- 
switched network (PSN) coupled to a circuit-switched network (CSN). Also, the network 
may comprise a PSN portion only. 
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Description of Related Art 

Coupled with the phenomenal growth in popularity of the Internet, there has been 
a tremendous interest in using packet-switched network (PSN) infrastructures (e. g. , those 
based on Internet Protocol (IP) addressing) as a replacement for, or as an adjunct to, the 
existing circuit-switched network (CSN) infrastructures used in today'stelephony. From 
the network operators' perspective, the inherent traffic aggregation in packet-switched 
infrastructures allows for a reduction in the cost of transmission and the infrastructure cost 
per end-user. Ultimately, such cost reductions enable the network operators to pass on the 
concomitant cost savings to the end-users. 

Some of the market drivers that impel the existing Voice-over-IP (VoIP) technology 
are : improvements in the quality of IP telephony; the Internet phenomenon; emergence of 
standards; cost-effective price-points for advanced services via media-rich call 
management, et cetera. Some of the emerging standards in this area are the well-known 
H.323 protocol, developed by the International Telecommunications Union (ITU), Session 
Initiation Protocol (SIP) or Internet Protocol Device Control (IPDC) by the Internet 
Engineering Task Force (IETF), or Simple/Media Gateway Control Protocol (SGCP or 
MGCP). Using these IP standards, devices such as personal computers can inter-operate 
seamlessly in a vast inter-network, sharing a mixture of audio, video, and data across all 
forms of packet-based networks which may interface with circuit-switched network 
portions. 

As is well-known in the telecommunications industry, services and service 
provisioning are the raison d'etre of a telecommunications network, including VoIP 
networks. Services are typically categorized into (i) "basic services" (i. e. , services which 
allow basic call processes such as call establishment and termination) or (ii) "advanced 
services" which are also commonly referred to as Value-Added Services (VAS). It is also 
well-known that advanced services operate as factors for market differentiation and are 
crucial for network operators' (or service providers') success. 

Because of the integration ofPSNs and CSNs, two approaches are available for 
providing Value-Added Services (also known in H.323-based VoIP networks as 
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Supplementary Services) in VoIP networks. The IP-based VAS architecture is based on 
the notion that because telephony call control logically resides within the end terminals of the 
network, service implementation should preferably be localized therein also. This 
architecture makes terminals the primary actors for IP VAS . On the other hand, there exists 
an Intelligent Network (IN) or Wireless Intelligent Network (WIN) service architecture for 
providing VAS in the context of CSNs. The WIN/IN service architecture is network- 
centric, that is, service implementation is done in the network, with centralized service logic 
in a service node (e.g., a Service Control Point or SCP) that is accessed by switching 
entities. Applied to IP telephony, this implies access from such entities as gatekeepers (in 
H.323 networks) or proxy/redirect servers (in SIP networks). 

It should be apparent to those skilled in the art that each of the VAS approaches 
set forth above has its own shortcomings and deficiencies. For instance, in IP-based VAS 
architectures, a significant concern is that the architecture does not address service mobility 
(i.e., end-user can access the services regardless of the terminal/appliance used). Also, 
typically a small number of services are provided in these approaches, which tend to be 
rather simple as well. Further, as the number of services available increases, the issue of 
service interaction becomes more significant because there is no centralized logic for 
resolving contentions or conflicts among the services. 

In the case ofWIN/IN service architectures, a principal drawback is the complexity 
of the CSN itself. Also, another significant shortcoming is that network-based service 
architectures do not scale reliably as the number of available services keeps increasing. 

As is well known, there have been several VAS solutions, depending upon the 
particular standard used in IP telephony. For example, the H.323 standard comes 
equipped with the H. 450 protocol for Supplementary Services (S S). Similarly, there are 
solutions such as Call Processing Language (CPL) for the SIP-based IP telephony. Also, 
there exist Application Programming Interface (API)-based solutions such as, e.g., Parlay, 
VHE/OSA, etc. 

However, it should be appreciated by those of ordinary skill in the art that several 
shortcomings and weaknesses exist in the state-of-the-art service provisioning schemes in 
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VoIP networks, regardless of whether they are H. 323 -based, SIP-based, or otherwise. 
For example, none of the solutions is complete or fully satisfactory per se. Service 
invocation is usually not addressed in these solutions. If addressed at all, service invocation 
capabilities are rather limited and poorly provided. Further, each solution is a "closed" 
entity in that it does not permit the integration of other solutions, either existing or yet to 
come. 

Based on the foregoing, it is apparent that there has arisen an acute need for a 
service provisioning architecture for use within the context of the burgeoning VoIP 
technology which overcomes these and other shortcomings and deficiencies of the current 
IP- and WIN/IN-based service architectures. The present invention provides such a 
solution. 

SUMMARY OF THE INVENTION 

Accordingly, the present invention advantageously provides a generalized service 
invocation and realization architecture for use with an integrated telecommunications 
network preferably comprising a PSN portion that is operable with any known IP standard. 
The service invocation and realization architecture includes one or several IP telephony call 
control modules which integrate the IN-derived Detection Points (DPs) and implement an 
API which allows services to influence ongoing calls. The call control modules may be 
implemented in terminals, H. 323 gatekeepers, SIP entities, in Media Gateway Controllers 
(MGCs), or any node in the network that is capable of effectuating call control. AService 
Access component or instance — responsible for evaluating service requests and for 
creating appropriate service proxies when a new DP is encountered in call control — is 
provided. Thus, one or several specialized service proxies which actually invoke services 
on behalf of the Service Access component and mediate between the services and the call 
control, if necessary, are also included in the service architecture of the present invention. 
In addition, services — which may be implemented using several technologies, e.g., 
IN/AIN/WIN/CAMEL Service Control Points, non-IN-related application servers (e.g., 
Parlay application server), call control-resident services (e.g., Java executables), service 



WO 00/42760 



PC17SE99/02490 



-5- 

scripts (e.g., SIP CPL, SIP CGI, etc.), or mobile agents — are implemented as within a 
universally accessible Service Logic Environment or Environments. 

Further, the service proxies and the Service Access component operate in concert 
as a Service Access server to provide access to local services, mobile agent services, or 
remote service nodes in an appropriate Service Logic Environment. A user profile used by 
the various components to invoke the right services at the right time is included in the service 
architecture. This user profile may partly be co-resident with the call control module, or 
reside at a remote location that is retrievable. In addition, the profile may preferably be 
modifiable by various applications, including services implemented as mobile agents. 

In one aspect, the present invention is directed to method of accessing a service 
node, preferably, e.g., a Wireless Intelligent Network (WIN) node, from an end terminal 
disposed in an integrated telecommunications network having a Voice-over-Internet 
Protocol ( VoIP)-based PSN portion and a cellular network portion. An interface module 
is disposed between the service node and the PSN- VoIP portion. The method 
incorporates one or more detection points (DPs) in a call control process provided with the 
end terminal. The DPs are preferably WIN-compliant, and operate to pass control to a 
Service Access instance of the Service Access server when the call control process 
encounters an armed DP of appropriate type. Thereafter, the Service Access server 
determines if one or more services need to be executed. If so, a service request is sent from 
a service proxy of the Service Access server to the service node for service execution. 
Responsive to the service request, a result is received in the Service Access server from the 
service node. Subsequently, the result is forwarded from the Service Access server to the 
call control process of the end terminal. 

In another aspect, the present invention is directed to a service provisioning method 
for invoking a WIN service by an end terminal disposed in an integrated telecommunications 
network having a PSN- VoIP portion and a cellular network portion. The method 
commences by first effectuating a call control process in the end terminal . A determination 
is made in the end terminal if an armed DP associated with a service request is encountered 
by the call control process. The call control process then creates a suitable Service Access 
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instance which evaluates the service request and creates a service proxy accordingly. 
Thereafter, a service node disposed in the cellular network is accessed by the service proxy. 
Subsequently, a service logic portion in the service node is executed to obtain a result which 
is provided to the call control process in the end terminal. 

In yet another aspect, the present invention is directed to an integrated 
telecommunications network wherein IP entities (e.g., end terminals) are capable of 
accessing service nodes disposed therein. The integrated telecommunications network 
includes a PSN portion provided as a VoIP network with one or more end terminals, a 
circuit-switched network (CSN) portion coupled to the PSN portion via a gateway, and 
a service node disposed in the CSN portion. The service node includes service logic 
portions for executing one or more services and is coupled to the PSN portion via an 
interface. A user profile repository, accessed via a user profile retriever, is disposed in the 
PSN portion, which includes a list oftriggers for a particular end-terminal-and-subscriber 
combination. A call controller is provided in the end terminal for controlling a call process. 
Also included is a Service Access server that provides access to a service node over a 
suitable interface using a service proxy. When an armed DP is encountered in the call 
process, the call controller creates a Service Access instance as part of the Service Access 
server and passes control thereto depending on the DP' s type. After evaluating the service 
request or requests, an appropriate proxy is created which engages in appropriate 
messaging with the service node for executing a service logic portion thereof. 

In yet further embodiments, the above-mentioned aspects of the present invention 
may be practiced with non-IN/WIN services also. 

BRIEF DESCRIPTION OF THE DRAWINGS 

A more complete understanding of the present invention may be had by reference 
to the following Detailed Description when taken in conjunction with the accompanying 
drawings wherein: 

FIG. 1 A depicts a generalized integrated telecommunications network wherein one 
or more CSN portions are coupled to an IP-based PSN; 
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FIG. IB depicts a functional block diagram of an exemplary embodiment of an 
integrated telecommunications network having anH.323-based network portion and a 
cellular network portion, wherein the teachings of the present invention are advantageously 
employed; 

FIG. 1C depicts a functional block diagram indicating signal flow paths of a 
presently preferred exemplary embodiment of a service provisioning architecture in an 
integrated telecommunications network with an H.323 -based VoIP portion; 

FIG. 2 A depicts a high-level functional model of a service provisioning scheme for 
use in an integrated telecommunications network; 

FIG. 2B depicts a functional block diagram of a VAS-enabled terminal which can 
interact with a user profile retriever in accordance with the teachings of the present 
invention; 

FIG. 2C depicts a flow chart of an exemplary embodiment of a service provisioning 
method for use in an integrated telecommunications network; 

FIG. 2D depicts a generalized user profile model for use with a service invocation 
and realization architecture provided in accordance with the teachings of the present 
invention; 

FIG. 3 depicts a functional block diagram of a VAS architecture provided in 
accordance with the teachings of the present invention; 

FIG. 4 depicts a WIN-compliant Originating Call Control State Machine 
(0_CCSM) for use with an H.323 terminal or a SIP terminal; 

FIG. 5A depicts a WIN-compliant Terminating Call Control State Machine 
(T_CCSM) for use with an H.323 terminal; 

FIG. 5B depicts a WIN-compliant Terminating Call Control State Machine 
(T_CCSM) for use with a SIP terminal; 

FIGS. 6 A and 6B depict message flow diagrams for two exemplary embodiments 
of a call diversion service, respectively, in accordance with the teachings of the present 
invention; 

FIG. 7 depicts a message flow diagram for a hunt group service in accordance with 



WO 00/42760 



PCT/SE99/02490 



-8- 

the teachings of the present invention; and 

FIGS. 8A - 8F depict examples of service invocation and realization in accordance 
with the teachings of the present invention. 

DETAILED DESCRIPTION OF EMBODIMENTS 

In the drawings, like or similar elements are designated with identical reference 
numerals throughout the several views, and the various elements depicted are not necessarily 
drawn to scale. Referring now to FIG. 1 A, depicted therein is a generalized integrated 
telecommunications network 1 00 wherein one or more heterogeneous CSN portions are 
coupled to an IP telephony network 1 18(suchas, e.g., one based onH.323, SIP,andthe 
like) having Value-Added Services in accordance with the teachings of the present 
invention. Each of the CSN portions is provided with a suitable gateway for coupling to the 
IP telephony network portion. For example, a Time Division Multiple Access (TDMA) 
cellular network portion 102 is coupled to the IP telephony network portion 1 18 via 
gateway (GW) 114. In a similar manner, GW 1 16 is provided between the Plain Old 
Telephone System (POTS) network portion 1 06 and the IP telephony network portion. 

Each of the CSN portions may be provided with its own service architecture for the 
provisioning of advanced services. For example, the TDMA network portion 1 02, which 
includes one or more mobile terminals, e.g., T 124, may be provided with WIN service 
architecture. OneormorelPterminals or appliances, e.g., T 132A through T 132D,are 
disposed directly on the IP telephony network portion 118. Furthermore, although not 
shown in FIG. 1 , other entities may be provided as part of the IP telephony network portion 
1 1 8 depending upon the specific implementation, for example, gatekeepers and Multipoint 
Control Units (MCUs) (in the case ofH. 323 implementation), or proxy servers, redirect 
servers, registrars and so on (in the case of SIP implementation). Also, one or more legacy 
telephones or appliances (e.g., T 120)are coupled to the IPtelephony network portion 1 18 
via an IP adapter or "gateway" (e.g., gw 122). 

FIG. IB depicts a functional block diagram of an exemplary telecommunications 
network 198 with the H. 323 implementation. A GW 176 is disposed between anH.323 
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IP network portion 196 and a circuit-switched cellular network portion 194 of the 
telecommunications network 1 98. One or more service nodes including at least a Service 
Control Point (SCP), for example, SCP service node 190, optimized for providing 
advanced services in the framework of WIN/IN architecture, is provided as part of the 
infrastructure of the circuit-switched cellular network portion 194. Furthermore, in 
accordance with the teachings of the present invention, a service node converter interface 
(I/F) may be provided between the H. 323 network portion 1 96 and the SCP service node 
1 90 such that an H.323 entity, e.g., agatekeeperor a terminal, can interrogate the service 
node 1 90 for invoking a subscriber service. Preferably, the converter (not shown in this 
FIG.) is associated with a communication path 165, using SS7 or IP, between the H.323 
portion 196 and the service node 190. A plurality of "intelligent" H.323 terminals (i.e., 
"service-active" or "service-capable" terminals), e.g., terminal- 1 172A (TA) through 
terminal-3 172C (TC), one or more gatekeepers (GKs), e.g., GK-1 174A and GK-2 
174B, and anMCU 170are disposed in theH.323 network portion 196 in a conventional 
manner. 

In accordance with the teachings of the present invention, a user profile repository 
1 68 is provided as part of the telecommunications network 1 98 for generating triggers to 
the service node 190. The user profile repository 168 is interfaced within the H.323 
network portion via a suitable interface 1 67 such as a HyperText Transfer Protocol (HTTP) 
interface or Lightweight Directory Access Protocol (LDAP) interface. A user profile 
retriever (not explicitly depicted in this FIG.) is included for retrieving user profile 
information to be provided to various call/service components, as will be discussed in 
greater detail hereinbelow. 

Whether a trigger should be generated to the service node 1 90 depends on the 
VAS activated in the network 198, in addition to whether the end-user has an active 
subscription to it. In order to determine when to suspend and generate triggers, a call 
control entity (shown in FIG. 2B hereinbelow) is provided with the capability to 
interface/interact with the user profile retriever to obtain a set of triggers (i.e., end -user 
profile) associated with the end-user. However, it should be appreciated that some 
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constant services, not subject to explicit subscription, or for performance reasons, may give 
rise to some service triggers being stored locally (that is, within an H.323 entity such as a 
terminal, gatekeeper, or a media gateway controller (MGC)). Further, while the user 
profile repository 1 68 is shown in this exemplary embodiment as a separate entity, it should 
be understood that the repository may be co-located with an IP mobility management entity 
or the service node 190 itself. 

In the presently preferred exemplary embodiment of the present invention, the 
service node 190 may be accessed by a host of H.323 entities such as the terminals, 
gatekeepers, media gateway controllers, etc. For example, FIG. 1C depicts a functional 
block diagram with signal flow paths for effectuating service node access in an exemplary 
embodiment of an H.323 VoIP network wherein an IP terminal is provided with the 
capability of accessing a service node, e.g., SCP service node 1 90. Those of ordinary skill 
in the art should readily appreciate that the signal flow diagram shown in FIG. 1C is an 
abstraction of the network 1 98 shown in FIG. IB, having only relevant entities shown 
therein. For example, the terminal- 1 1 72 A and terminal-2 1 72B are provided with the signal 
paths 1 73 A and 1 73B, respectively, for interfacing with the user profile repository 1 68. 
Also, signal paths 187 A and 187B are provided between the service node converter 
interface 1 88 and the two terminals, respectively, for accessing the SCP service node 1 90. 
As can be readily seen, GK- 1 1 74 A is not provided with a signal path to the user profile 
repository 1 68 in this exemplary embodiment . However, it should be understood by those 
skilled in the art that in some implementations, a gatekeeper and/or other IP entities, for 
example, an MGC, may also be provided with respective signal paths to either the user 
profile repository 168, service node converter interface 188, or both. Furthermore, a 
provision may be made for service triggering over a radio interface (e. g. , a General Packet 
Radio System (GPRS) interface). 

The advantageous feature of providing access to service nodes from several types 
of IP entities is enabled by providing a common framework for call control, service access, 
and signaling with respect to such entities. FIG. 2 A depicts a high-level functional model 
which illustrates the relationship between call/connection control and VAS in accordance 
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with the teachings of the present invention. It should be realized that this functional model 
is independent of the particular standard used for IP telephony and, accordingly, provides 
a universal service invocation and realization architecture for implementing VAS in IP 
telephony networks. Essentially, the service invocation and realization architecture is 
comprised of the following: 

- One or several IP telephony call control modules (e.g., module 202), which 
integrate the IN-derived Detection Points (DPs) and implement an API 
which allows services to influence ongoing calls. The call control modules 
may be implemented in terminals, H.323 gatekeepers, SIP proxies, in 
MGCs, or any node in the network that is capable of effectuating call 
control. 

- A Service Access module (e.g., Service Access server 204) responsible 
for the invocation of VAS, whose functionality is preferably distributed 
between a Service Access component/instance and one or more 
specialized service proxies (shown in FIG. 2B and described hereinbelow) 
which actually invoke services on behalf of the Service Access component 
and mediate between the services and the call control, if necessary. 

- Services (more universally, Service Logic Environment 206) which may be 
implemented using several technologies, e.g., IN/AIN/WIN Service 
Control Points, non-IN-related application servers (e.g. , Parlay application 
server), call control-resident services (e.g., Java executables), service 
scripts (e.g., SIP CPL, SIP CGI, etc.), or mobile agents. 

- A user profile (described in greater detail hereinbelow with respect to FIG . 
2D) which is used by the various components to invoke the right services 
at the right time. This user profile may partly be co-resident with the call 
control module, or reside at a remote location that is retrievable. In 
addition, the profile may preferably be modifiable by various applications, 
including services implemented as mobile agents. 

It should be realized that the universal service invocation and realization architecture 
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set forth above advantageously reconciles existing as well as those yet to come IP V AS 
solutions in a coherent and powerful execution and realization environment. 

Functionally, when the call/connection control module 202 is activated pursuant to 
a call being made by an IP entity such as, for example, a calling party, a called party, 
gatekeeper, or an MGC, a suitable Call Control State Machine (CCSM) 208 is effectuated 
for providing a mechanism for detecting when the control needs to be passed to the Service 
Access server module 204. As set forth above, the service proxy actually invokes services 
on behalf of the Service Access component therein and operates a mediating interface 
between the services and the call control Preferably, the functionality of the Service Access 
server 204 includes determining service events and their order based on the inputs - and 
possibly other conditions, e.g., time - from the call/connection control module 202. The 
Service Access server 204 also determines the location of appropriate service logic (WIN 
and/or non-WIN) for carrying out the service events. In relation thereto, the functionality 
of the service proxies may include the following tasks: 

- encapsulate service triggers, etc.; 

- mediate between service client and service server by using appropriate call 
models, protocols, logics, et cetera; and 

- provide event buffering. 

The service logic environment 206 includes appropriate service logic and operates as a 
server for the services provided by the network. It is typically implemented as a service or 
application node in the network and is coupled to the Service Access server 204 via any 
suitable interface such as for example, HTTP, Java RMI, Corba, ASCII/IP, etc. 
Furthermore, as will be explained hereinbelow, some of the services may be local as well . 

From a service execution perspective, the three modules inter-operate as follows: 
The call/connection control module 202 preferably corresponds to the functionality of 
WIN/IN Call Control Function (CCF). It implements the CCSM 208, handles call-related 
user interactions and signaling, and performs basic call control processing. Its connection 
to the provisioning ofVAS consists of: being able to suspend call processing depending on 
the type of DP or DPs encountered, creating a Service Access component as part of the 
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Service Access server and passing control information thereto when call processing is to be 
suspended, and handle VAS answers and/or requests. 

The service proxies of the Service Access server handle interactions with the service 
logic, whether it is local or stored at a remote location. The service proxies may also 
5 evaluate service criteria, sequence service triggers (also referred to as Feature Interaction 
Management or FIM), generate actual triggers and handles requests from the service logic 
environment 206. 

The service logic environment 206 executes appropriate service logic or logic 
portions ("logics"). It may be provided either locally or remotely with respect to the 

1 0 call/connection control module 202. In accordance with WIN architecture, the service logic 
environment 206 preferably comprises an SCP node that is accessed remotely. It arbitrates 
and resolves contentions among multiple service logics for execution, if necessary. 

From a VAS perspective, the responsibilities of each functional module are as 
follows: The call/connection control module 202 is preferably provided with the awareness 

15 as to when services may possibly be executed. Preferably, this knowledge comes with the 
initial retrieval of the end-user profile from the user profile repository 1 68 (depicted in FIG. 
IB). However, in a presently preferred exemplary embodiment of the present invention, 
the call/connection control module 202 may not possess any knowledge with respect to 
whether a service is in fact to be executed, and if so, whether one or more services are to 

20 be sequenced and what the services are. 

The service proxies are preferably provided as modules which evaluate whether one 
or more services are to be executed or not. In a presently preferred exemplary 
embodiment, these proxies do not know what the services are, although they are aware of 
the specific service invoking mechanisms. The service logic environment module 206 is the 

25 module that is actually aware of the services to be executed. Preferably, based on the 
decisions taken by the service logic or logics, it provides a unique answer to the proxies in 
the Service Access server 204. 

As stated elsewhere in the patent application, the present invention is directed to 
providing the capability in IP entities such as terminals (H.323 or SIP), etc. of accessing 
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If exception handling, process exception, notify end-user, notify call 
manager and terminate 
Exit Event: 

An indication of incoming call has been received (Setup) (DP: 
Facility_Selected_and_Available) 
Call Present (State 604) 
Entry Event: 

An indication of incoming call has been received (Setup) 

PIC: Present_Call 

Functions: 

In case no more information is required, issue a corresponding indication 
(Setup Acknowledge) 

Otherwise, unless the end-user has decided otherwise, issue an indication 
that the setup request has been received (Call Proceeding) 
If the end-user has explicitly stated to do so, alert the end-user and issue 
and altering indication (Alerting) 

If the end-user has explicitly stated to do so, directly accept the call by 
issuing a corresponding indication (Connect) 

If the end-user has explicitly stated to do so, directly reject the setup by 
issuing a corresponding indication (Call Release) 
Exit Event: 

A call proceeding indication has been issued (DP: 
Facility_Selected_and_Available) 

An alerting indication has been issued (DP: Call_ Accepted) 

A connect indication has been issued (DP: T_Answer) 

A call release indication has been issued (DP: T_No_Answer) 

A call release indication has been received (DP: T_Abandon) 

Call Proceeding (State 606) 

Entry Event: 
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A call proceeding indication has been issued 

PIC: Present_Call 

Functions: 

Present the call to the end-user and set a short timer 
If the end-user cannot be contacted, issue a busy indication (Call Release) 
Otherwise, if the end-user answers the call before the timeout, issue an 
indication that the call is accepted (Connect) 

Otherwise, issue an indication that the end-user is being alerted (Alerting) 
Exit Event: 

A call release indication has been issued (DP: T_Busy) 

An indication that the end-user is being alerted has been issued (DP: 

Call_Accepted) 

An indication that the call is answered has been issued (DP: 
Call_Answered) 

A call release indication has been received (DP: T_Abandon) 
Overlap Receiving (State 608) 
Entry Event: 

A setup acknowledge indication has been issued 
An Information message has been received 
PIC: No PIC 
Functions: 

Wait for an Information message 
Analyze the information 

If still not enough, issue another Setup Acknowledge indication 
In enough information has been received, present the call to the end-user 
If the end-user cannot be contacted, issue a busy indication (Call Release) 
Otherwise, issue and indication that the end-user is being alerted (Alerting) 
Exit Event: 

An Information message has been received 
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A call release indication has been issued (DP: T Busy) 

An indication that the end-user is being alerted has been issued (DP: 

Call_Accepted) 

An indication that the call is answered has been issued (DP: 
5 CallAnswered) 

A call release indication has been received (DP: T Abandon) 
5. Call Received (State 610) 
Entry Event: 

An indication that the end-user is being alerted has been issued (DP: 
10 Call_Accepted) 

PIC: T_Alerting 
Functions: 

Set a timer and wait for a response from the end-user 
If the end-user answers the call, issue a corresponding indication (Connect) 
15 If the end-user refuses the call, issue a corresponding location (Call 

Release) 

After timeout, issue an indication that the end-user does not answer (Call 

Release) 

Exit Event: 

20 A call release has been issued (DP: T_No_Answer) 

A call release has been received (DP: T_Abandon) 
A connect indication has been issued (DP: T_Answer) 
6. Call Active (State 612) 
Entry Event: 

25 A connect indication has been issued 

PIC: T_Active 
Functions: 

Notify session manager (H.245) that the call is active 
Wait for event 
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Exit Event: 

End-user requests a feature (DP: T_Mid_Call) 
End-user clears the call (DP: TJDisconnect) 

Receives the disconnect message from network or called party (Call 
Release) (DP: TJDisconnect) 
FIG. 5B depicts a SIP terminal's TCCSM in particular detail. It should be 
realized that the SIP terminal's TCCSM is substantially similar to that of the H.323 
terminal described in greater detail above. Accordingly, only the salient differences 
therebetween are set forth below. 

Essentially, a new state, state 613, is added in the T_CCSM of a SIP terminal. 
7. Confirmation Awaited (State 613) 
Entry Event: 

A connect indication has been issued 

PIC: None 

Functions: 

Notify session manager that a confirmation of the call setup is awaited 
Wait for event 
Exit Event: 

Confirmation of the call setup has been received from the calling party (DP : 
T_Mid_Call) 

End-user clears the call (DP: TJDisconnect) 

Receives the disconnect message from network or called party (Call 
Release) (DP: TJDisconnect) 
In addition, it should also be noted that the DPs and PICs associated with the Call 
Active state, which is now entered from the Confirmation Awaited state, are is 
appropriately modified. Also, no specific entry event is required for this state. 

FIGS. 6 A and 6B depict message flow diagrams for two exemplary embodiments 
of a call diversion service, respectively, in accordance with the teachings of the present 
invention. While it is well-known, the H.323/H.450 framework supports several "flavors" 



WO 00/42760 



PCT/SE99/02490 



-33- 

of call diversion (SS-DIV flavors, for example, Call Forward Unconditional (SS-CFU), 
Call Forward Busy (SS-CFB), and Call Forward No Reply (SS-CFNR)), there is no 
provision for a time-dependent Call Forward service. FIGS . 6 A and 6B illustrate how the 
existing H.450 services may be enhanced or extended by using the teachings of the present 
invention. 

Referring in particular to FIG. 6A, a message flow diagram of an exemplary 
embodiment of a time-dependent Call Forward service is shown therein. When terminal- 1 
172 A (TA) issues a Call Setup request 1 102, terminal-2 172B (TB) responds by a Call 
Proceeding message 1 104, indicating that TB will subsequently answer the request. 
Thereafter, TB's T_CCSM encounters an armed DP (Facility_Selected_and_Available) 
and generates a corresponding trigger 1 1 06 to the SCP 1 90. Pursuant to the DP, the call 
control is passed to the SCP 1 90 which provides an appropriate Result 1 1 08. The SCP 
1 90 is aware that a Call Forward service dependent on date and time has been set up for 
the subscriber/TB combination and that the call should be diverted to terminal-3 1 72C 
(TC). The Result 11 08 from the SCP 190 contains the appropriate instruction for the call 
diversion. 

Responsive to the Result 1108 from the SCP 1 90, TB issues towards T A 1 72A an 
H.225.0 Facility message 1110, including an encapsulated H.450.3 Call Re-Routing Invoke 
request. T A 1 72 A accepts the request by issuing an acknowledgment message (Facility) 
1112 and releases the call by sending a Release Complete message 1 1 14 to TB 172B. 

Thereafter, TA 172 A issues a Call Setup message 1 1 16 to TC 172C, with an 
H.450.3 field indicating that the call has been re-routed from TB 172B. TC 172C directly 
informs T A that the subscriber is being alert ed by issuing an Alerting message 1118. Once 
the subscriber answers the call, a Connect message 1 120 is sent from TC to TA. 

The message flow diagram depicted in FIG. 6B illustrates a variation on the time- 
dependent Call Forward service described above. It can be readily seen that the messages 
are essentially similar and, accordingly, only the salient features are set forth below. 

Once the T_CCSM of TB 172B encounters the armed DP 
(FaciIity_Selected_and_Available), the call control is passed to the SCP 190 which is 
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awarethat the a Call Forward service dependent on date and time has been activated for 
the subscriber/terminal-2. If, for some reason, the call should not be diverted at the selected 
date/time, TB is instructed to resume normal call processing, by sending an appropriate 
Result 1208 thereto. Thereafter, TB instructs TA that the subscriber is being alerted 
(Alerting 1210) and that the call is established (via a Connect message 1212). 

FIG. 7 depicts a message flow diagram for an exemplary embodiment of a hunt 
group service provided in accordance with the teachings of the present invention. When the 
end-user, TA 1 72 A, requests for a Call Setup, providing as number the identification of a 
Virtual Private Network (VPN) group, the 0_CCSM of TA 172A stops upon 
encountering armed Collected_Information and Analyzed_Information DPs and a trigger 
is provided to the SCP 190 Responsive thereto, the SCP 190 determines that a hunt 
group service is to be executed. That is, a call setup must be attempted with a list of the 
terminating parties, in a pre-defined order, until one of them eventually answers the call. In 
one embodiment, the SCP 190 may simply provide the list of numbers to TA 1 72 A and 
stop, provided TA 1 72 A is VAS-eriabled to handle such a list and execute the associated 
logic. In an alternative embodiment, the SCP 1 90 may instruct the terminal step-by-step 
as to what needs to be done. The message flow diagram in FIG. 7 contemplates this 
alternative scheme. 

When the control is passed to the SCP via trigger 1 302 on account of the armed 
DP, the SCP 1 90 instructs TA 1 72 A (via Result 1 304) to set up a call with TB 1 72B, and 
dynamically arms the following DPs: O No Answer, OCalledJPartyBusy, and 
0_Answer. Thereafter, TA 1 72B sends a call setup request 1 306 to TB 1 72B. A Call 
Proceeding message 1308 is issued to TA 172 A, indicating that TB will subsequently 
answer the request. TB alerts the end-user (Alerting 1 3 1 0), but nobody answers the call . 
As a consequence, TB issues a Call Release Complete message 1312 indicating that there 
is no answer to the call setup attempt by T A 1 72 A. The 0_CCSM of TA encounters the 
0_No_Answer DP and issues a corresponding event 1 3 1 4 to the SCP 1 90. The SCP 1 90 
then proceeds to the next number in the hunt group list, re-requests (via result 1316) the 
terminal (T A) to attempt a call setup with TC terminal, and dynamically arms the same DPs 
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as set forth above with respect to the TB call setup. 

TA 1 72 A sends a Call Setup 1318 to TC 172C which returns a Release Complete 
message 1320, indicating that there is no answer. Once again, the 0_CCSM of TA 
encounters the 0__No_Answer DP and issues a corresponding event 1 322 to the SCP 1 90. 
The SCP takes the next number in the hunt group list and proceeds in the same manner as 
described hereinbefore. In this illustration, terminal TD 1 72D of the list answers the call and 
provides a Connect message 1330toTA. Thereafter, the 0_CCSMofTA encounters the 
0_Answer DP and issues a corresponding notification 1 3 32 to the SCP 1 90 to terminate 
its service logic. 

Referring now to FIGS . 8 A - 8F, depicted therein are several examples of service 
invocation and realization in accordance with the teachings of the present invention. An 
Originating CCSM, such as one discussed in detail hereinabove with respect to FIG. 4, with 
appropriate DPs is exemplified in these exemplary embodiments. Self-explanatory 
scenarios involving local access, mobile agent access, external SCP access, etc. are 
illustrated. 

Based upon the foregoing, it should be readily appreciated by those skilled in the 
art that the present invention provides an advantageous solution for accessing service nodes 
from end terminals disposed in an IP network by combining the service architectures from 
the IP and WIN/IN realms into a hybrid approach. Because in the present invention the 
terminals are allowed to access the service logics in a remote location, the limitation of 
reduced number of services available within a terminal has been overcome. Further, 
because the service logics can resolve conflicts and contentions among services and their 
execution, service interaction issues that are prevalent in the IP-based service architectures 
have been resolved. On the other hand, the scalability issues common to the network- 
centric WIN/IN approach have been eliminated on account of the integration of the IP 
service architecture. 

In addition, deficiencies in the current technologies with respect to service mobility 
are also overcome. Because the IP terminal is in a client-server relationship with the service 
node server, the mobility of the terminal is no longer a constraint on accessing the service 
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node server, which can be via INAP or IS-41 over SS7, or in some instances, via Java, 
Corba, etc Moreover, service mobility is assured because if any intelligent appliance 
capable of accessing the Internet/WWW and download a piece of code, which essentially 
is a client's behavioral image expected by the service node server, the appliance can be 
used for accessing the services. Accordingly, a plethora of communication 
appliances/devices may be used in accordance herewith: Information appliances, 
personal/laptop/palmtop computers, Personal Digital Assistants, smart phones, 
TDM A/ CDMA/GSM mobile phones, et cetera. 

Moreover, by utilizing the teachings of the present invention, the WIN/IN service 
logic base that is already installed and market-tested may continue to be re-used even as 
VoIP network architectures come into existence. Those of ordinary skill in the art should 
realize that there exist tremendous incentives, economic as well as infrastructure-based, for 
network operators to re-use the expensive legacy SCP nodes as they migrate towards 
integrating the cellular infrastructures with IP-based PSNs. Also, because the logic 
switching is provided within the terminal, services can be dynamically altered or allocated . 
For example, in the current network-centric Call Forward-Unconditional (CFU) service, 
all calls are forwarded to a C-number whether or not the subscriber wishes to manually 
override the call forwarding. With the terminal logic provided in accordance with the 
teachings of the present invention, the terminal can interrogate the subscriber for the actual 
call forwarding. Additionally, since some services may be made resident within the terminal 
itself, individualized service provisioning is possible. 

The advantages of providing IP-based VAS in accordance with the universal 
service invocation and realization architecture provided in the present invention may thus 
conveniently be summarized as below: 

- permits flexible addition and/or removal of services; 

- integrates various service implementations, ranging from "one size fits all" 
to extremely customized services; 

- permits the reuse of existing IN/WIN service nodes; 

- SCPs and Application Servers may deal with complex service interaction 
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issues and support universal access; 

- applicable to various networks (e.g., SIP, H.323) and their VAS solutions 
(e.g., SIP CPL/CGI, H.450, IN-like, etc.). 

In particular, further advantages are evident when implemented in IP terminals: 

- makes use of terminal capabilities and relieves network nodes from VAS- 
related tasks; 

- implementation is simple and "lightweight"; 

- no constraint on network nodes to support standard call models and access 
to services (e.g., INAP, CAP, ANSI-41, etc.); 

- supports universal access to VAS; 

- favors interaction with end-user and other local applications (e.g. , Web 
browser, etc.). 

Although the VAS architecture of the present invention has been exemplified with 
particular reference to a H.323-based IP network, it should be understood that other IP 
network implementations such as, for example, SIP-based networks, may also be used for 
practicing the teachings contained herein. In the case of a SIP-based network, DP- 
dependent service triggering may be performed from SIP terminals, SIP proxies or 
gateways, SIP redirects (collectively, SIP entities), wherein the SIP entities are provided 
with the CCSMs appropriately modified in accordance herewith. The call control 
functionality described hereinabove with respect to H.323 implementations is also applicable 
for a SIP-based implementation and, accordingly, a "dual mode" IP terminal that is SIP- 
as well as H. 323-compliant, in addition to WIN/IN, may be provided advantageously within 
an IP network. 

Further, it is believed that the operation and construction of the present invention 
will be apparent from the foregoing Detailed Description. While the method and system 
shown and described have been characterized as being preferred, it should be readily 
understood that various changes and modifications could be made therein without departing 
from the scope of the present invention as set forth in the following claims. For example, 
although the teachings of the present invention have been exemplified with a particular S S 
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within the context of the H.450. X Recommendations, it should be understood that other 
SSs under the existing or future H. 450. X Recommendations may also be provisioned in 
accordance with the teachings of the present invention. That is, in addition to the Call 
Forward and hunt group services exemplified herein, the teachings hereof may be also 
applied in the context of numerous other services, for example, toll free and credit card 
calling, selective call restriction, click to fax, double phone / free phone, split charging, and 
multimedia applications such as tele-medicine, tele-education, video-on-demand, et cetera. 

Furthermore, while pluralities ofH. 323-based terminals have been described in the 
exemplary embodiments of the present invention, any combination of non-H. 323 entities 
such as mobile stations operable with a variety of air interface standards may be provided 
for the purposes of the present invention. The IP-based terminals may take several forms 
themselves: Personal Digital Assistants, Internet phones, laptop computers, personal 
computers, palmtop computers, pagers, and Information Appliances. In addition, the 
innovative teachings contained herein may also be practiced in a VoIP network coupled to 
a PSTN, wherein the fixed entities can trigger service requests to a service node. 
Accordingly, it should be realized that these and other numerous variations, substitutions, 
additions, re-arrangements and modifications are contemplated to be within the ambit of the 
present invention whose scope is solely limited by the claims set forth below. 
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WHAT IS CLAIMED IS: 

1 . A method of accessing a service node from an end terminal disposed in an 
integrated telecommunications network having a Voice-over-Internet Protocol (VoIP) 
network portion and a cellular network portion, the method comprising the steps of: 

providing an interface module disposed between the service node and the 
VoIP network portion; 

incorporating at least one detection point in a call control process provided 
with the end terminal, wherein the detection point operates to pass control to a service 
access server when the call control process encounters the detection point; 

determining, by the service access server, if a service needs to be executed; 

if so, sending a service request from the service access server to the service 
node for service execution; 

receiving, in the service access server, a result from the service node 
responsive to the service request; and 

passing the result from the service access server to the call control process. 

2. The method of accessing a service node from an end terminal disposed in 
an integrated telecommunications network as set forth in claim 1, wherein the service 
request is sent from the service access server to the service node over a HyperText Transfer 
Protocol (HTTP) interface. 

3 . The method of accessing a service node from an end terminal disposed in 
an integrated telecommunications network as set forth in claim 1, wherein the service 
request is sent from the service access server to the service node over a Java interface. 

4. The method of accessing a service node from an end terminal disposed in 
an integrated telecommunications network as set forth in claim 1, wherein the service 
request is sent from the service access server to the service node over a Corba interface. 
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5 . The method of accessing a service node from an end terminal disposed in 
an integrated telecommunications network as set forth in claim 1, wherein the service 
request is sent from the service access server to the service node over an IP interface. 

6. A service provisioning method for invoking a Wireless Intelligent Network 
(WIN) service by an end terminal disposed in an integrated telecommunications network 
having a packet-switched network (PSN) portion and a cellular network portion, the 
method comprising the steps of: 

effectuating a call control process in the end terminal; 
determining, in the end terminal, if an armed detection point is encountered 
by the call control process; 

if so, creating a service access instance and passing control thereto; 
creating a service proxy associated therewith; 

accessing by the service proxy a service node disposed in the cellular 
network portion; 

executing a service logic portion in the service node to obtain a result; and 
providing the result to the call control process in the end terminal. 

7. The service provisioning method as set forth in claim 6, wherein the armed 
detection point is provided by a service access server disposed in the end terminal. 

8. The service provisioning method as set forth in claim 7, wherein the armed 
detection point is acquired by the service access server from a user profile repository 
disposed in the integrated telecommunications network, the user profile repository including 
a list of active triggers for the end terminal and a subscriber associated with the end terminal . 

9. The service provisioning method as set forth in claim 6, wherein the service 
logic portion comprises a call diversion service. 
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1 0. The service provisioning method as set forth in claim 6, wherein the service 
logic portion comprises a hunt group service. 

1 1 . The service provisioning method as set forth in claim 6, wherein the service 
logic portion comprises a time-dependent call diversion service. 

1 2 . The service provisioning method as set forth in claim 6, wherein the service 
node is accessed using a HyperText Transfer Protocol (HTTP) interface. 

1 3 . The service provisioning method as set forth in claim 6, wherein the service 
node is accessed using a Java interface. 

14. The service provisioning method as set forth in claim 6, wherein the service 
node is accessed using a Corba interface. 

1 5 . The service provisioning method as set forth in claim 6, wherein the service 
node is accessed using an IP interface. 

1 6. An integrated telecommunications network comprising: 

a packet-switched network (PSN) portion including one or more end 

terminals; 

a circuit-switched network (C SN) portion coupled to the PSN portion via 

a gateway; 

a service node disposed in the CSN portion, the service node including 
service logic portions for executing one or more services and being coupled to the PSN 
portion via an interface; 

a user profile repository disposed in the PSN portion, the user profile 
repository including a list of triggers for a particular end-terminal-and-subscriber 
combination; 
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call control means in the end terminal for controlling a call process; 

a service access server in the end terminal that evaluates service requests 
and creates service proxies based thereon, 

wherein the call control means passes control to the service access server 
when an armed detection point based on the list of triggers is encountered in the call process 
such that a service proxy places a request to the service node for executing a service logic 
portion. 

1 7. The integrated telecommunications network as set forth in claim 1 6, wherein 
the interface comprises a HyperText Transfer Protocol (HTTP) interface. 

1 8 The integrated telecommunications network as set forth in claim 1 6, wherein 
the interface comprises a Java interface. 

1 9. The integrated telecommunications network as set forth in claim 1 6, wherein 
the interface comprises a Corba interface. 

20. The integrated telecommunications network as set forth in claim 16, wherein 
the end terminal is selected from the group consisting of a Personal Digital Assistant, an 
Internet phone, a laptop computer, a personal computer, a palmtop computer, a pager and 
an Information Appliance. 

21 The integrated telecommunications network as set forth in claim 16, 
wherein the PSN portion comprises an H.323 network and the end terminal comprises an 
H.323 terminal. 

22. The integrated telecommunications network as set forth in claim 16, 
wherein the PSN portion comprises a SIP network and the end terminal comprises a SIP 
terminal. 
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23 . An integrated telecommunications network having a generalized service 
invocation and realization architecture, comprising: 

one or more call control modules including a plurality of service-related 
detection points that are Intelligent Network (IN)-compliant; 

a Service Logic Environment implemented to execute a service logic 

portion; 

a Service Access server coupled to the Service Logic Environment, the 
Service Access server including a Service Access component created when an armed 
detection point is encountered and one or several service proxies operating to invoke a 
service on behalf of the Service Access component, the service proxies mediating between 
the Service Logic Environment and the call control modules; and 

a user profile structure specifying the information as to when a service is to 
be invoked for a particular mobile subscriber. 

24. The integrated telecommunications network as set forth in claim 23, 
wherein the service logic portion corresponds to a local service. 

25. The integrated telecommunications network as set forth in claim 23, 
wherein the service logic portion corresponds to a mobile agent-based service. 

26. The integrated telecommunications network as set forth in claim 23, 
wherein the service logic portion corresponds to a remote service residing in a Service 
Control Point (SCP) node. 

27. The integrated telecommunications network as set forth in claim 23, 
wherein the call control module resides in an H.323 terminal. 

28. The integrated telecommunications network as set forth in claim 23, 
wherein the call control module resides in an H.323 gatekeeper. 
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29. The integrated telecommunications network as set forth in claim 23, 
wherein the call control module resides in a SIP entity. 

30. The integrated telecommunications network as set forth in claim 23, 
wherein the call control module resides in a Media Gateway Controller. 
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